The objective of this study was to compare speech recognition in quiet and in noise for cochlear implant recipients using two different types of personal frequency modulation (FM) systems (directly coupled [direct auditory input] versus induction neckloop) with each of two sound processors (Cochlear Nucleus Freedom versus Cochlear Nucleus 5). Two different experiments were conducted within this study. In both these experiments, mixing of the FM signal within the Freedom processor was implemented via the same scheme used clinically for the Freedom sound processor. In Experiment 1, the aforementioned comparisons were conducted with the Nucleus 5 programmed so that the microphone and FM signals were mixed and then the mixed signals were subjected to autosensitivity control (ASC). In Experiment 2, comparisons between the two FM systems and processors were conducted again with the Nucleus 5 programmed to provide a more complex multistage implementation of ASC during the preprocessing stage.
INTRODUCTION

Background
Cochlear implants are considered to be the most successful sensory prosthetic device in medicine. Postlingually deafened adult recipients frequently perform at ceiling on tests (e.g., Hearing in Noise Test; Nilsson et al. 1994 ) commonly used in clinical settings to assess open-set sentence recognition in quiet (Helms et al. 2004; Gifford et al. 2008) , and prelingually deafened children who receive a cochlear implant at an early age often develop age-appropriate speech, language, and auditory skills (Moog & Geers 2003; Snow & Ertmer 2009 ). However, many cochlear implant recipients experience substantial difficulty recognizing speech in the presence of competing noise. For instance, research studies indicate that speech recognition decreases by 30 to 60 percentage points when performance in quiet is compared with performance in noise at signal-to-noise ratios (SNRs) that are commonly encountered in realistic situations (e.g., +4 to +8 dB SNR; Schafer & Thibodeau 2003 Spahr et al. 2007; Wolfe et al. 2009 ).
The difficulties cochlear implant users experience in noise can be attributed to several factors including: (1) an inability of the auditory nerve to follow rapid temporal changes in the electrical signal (Fu & Nogaki 2005; Lorenzi et al. 2006) , (2) poor spectral resolution compared with persons with normal hearing (Nelson et al. 2003) , (3) a narrow electrical dynamic range compared with the wide range of acoustic inputs of interest (Zeng & Galvin 1999) , (4) abnormalities in the anatomy of the cochlea or auditory nerve (Slattery & Luxford 1995; Buchman et al. 2006 ), (5) changes in auditory processing secondary to extended periods of auditory deprivation related to the hearing loss (Kelly et al. 2005) , and (6) reduced access of users who are limited to one cochlear implant and the subsequent inability to take advantage of binaural cues that are known to enhance speech recognition in noise (Litovsky et al. 2006) . Because of the redundancy of information in speech, cochlear implant users can partially overcome these limitations to hear successfully in quiet situations, but significant difficulty persists in noisy environments. Researchers and manufacturers strive to identify strategies to assist cochlear implant recipients in overcoming these limitations to understand speech better in noise.
One of the most direct ways to reduce subjective difficulties reported by cochlear implant recipients and decrements in speech recognition in noise is through the use of remote microphone technologies, such as frequency modulation (FM) systems (Schafer & Thibodeau 2003 Wolfe et al. 2009 ). For example, Fitzpatrick et al. (2010) examined subjective benefit of personal FM system use in realistic situations for a group of adults with cochlear implants, and reported that use of the FM system resulted in better perceptual sound quality, speech understanding, and ease of listening. In addition, Schafer and Thibodeau (2004) reported an improvement of approximately 40 percentage points for speech recognition in noise with a personal FM system (i.e., electrically coupled receivers) compared with performance with
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Performance of Adults With Cochlear Implants the cochlear implant alone (the speech signal of interest arrives via the FM system, whereas competing noise is presented from multiple loudspeakers located in the corners of the test environment). However, according to previous research, the magnitude of speech-recognition improvement is directly related to adjustable parameters within the sound processor and FM receiver Wolfe et al. 2009 ).
Effects of Adjustable Parameters on the Sound Processor and FM Receiver
Several published reports demonstrate the importance of selecting appropriate clinician-programmable parameters of both the FM receiver and cochlear implant sound processor to optimize recipient performance Wolfe et al. 2009; Wolfe & Schafer 2010) . These parameters include: (1) FM receiver gain, a clinician-programmable parameter that controls the strength of the signal delivered from the FM receiver to the cochlear implant sound processor, (2) accessory/audio-mixing ratios, a clinician-programmable parameter that controls the relative strength of the signal from the sound-processor microphone as compared with the signal from the direct auditory input port of the sound processor (i.e., the FM signal as it is typically directed to the direct auditory input [DAI] ), and (3) adaptive FM advantage (i.e., Dynamic FM), which automatically increases the gain of the FM receiver as the ambient noise level increases. In their study related to FM receiver gain, Schafer et al. (2009) reported that sentence-recognition thresholds in noise of adults and older children (aged ≥ 12 years) using Cochlear Nucleus ESPrit 3G sound processors (N = 8) with a personal FM system or the Advanced Bionics Auria sound processors (N = 9) with a personal FM system improved significantly with increased gain settings (+6, +10, +14, +20 dB) for the Auria users but not for the ESPrit 3G users. The reason for the group differences will be discussed in more detail later in this article.
In another study, evaluated the effect of two accessory/audio-mixing ratios (i.e., 50/50 and 30/70) on speech understanding in quiet and in noise for a group of 12 adults with Advanced Bionics cochlear implants. For word recognition in quiet, the microphone of the FM system was muted to allow for an evaluation of performance when the subject had to rely on listening to the speech signal via the sound-processor microphone. For assessment of speech recognition in noise, the speech signal of interest was delivered to the microphone of the FM system (which was enabled) to allow for an evaluation of the effect of mixing ratio on FM performance in noise. The adults had similar speech recognition in noise performance when listening to speech directed to the microphone of the FM system with the 50/50 and 30/70 mixing ratios; however, when the FM microphone was muted (i.e., the subjects received the words via the sound-processor microphone rather than the FM microphone), there was a 66% reduction in speech recognition in quiet at a presentation level, which was consistent with soft speech (i.e., 50 dB SPL) with use of the 30/70 ratio as compared with performance with the 50/50 ratio. The authors related this decreased performance to the 10 dB attenuation of the speech-processor microphone with the 30/70 ratio. Similar results were found with the identically functioning 1:1 and 3:1 ratios with users of the Cochlear Nucleus Freedom sound processor (Wolfe & Schafer 2010) . As in the Advanced Bionics study, use of the 3:1 mixing ratio resulted in a significant degradation in speech recognition in quiet at presentation levels consistent with soft speech. This is an important finding because children using FM will obviously need to hear the FM signal, but they also need to hear other signals in their environment (e.g., incidental sounds, such as their peers asking or answering questions in a classroom) and their own voice. These studies suggest that the 30/70 or 3:1 mixing ratio will degrade listening performance for signals not directed to the FM microphone. However, the 3:1 mixing ratio did result in a substantial improvement in speech recognition in noise (i.e., the 3:1 mixing ratio provided a 3.5 dB improvement in the SNR-50) for Nucleus Freedom users when the speech signal of interest was delivered to the microphone of the FM system.
In their fourth study, Wolfe et al. (2009) examined the effect of Dynamic FM on speech recognition in quiet and in noise of adults and children (aged ≥ 8 years) using the Cochlear Freedom sound processor (N = 12) set to the 1:1 ratio or the Advanced Bionics Auria or Harmony processor (N = 13) set to the 50/50 ratio. Dynamic FM automatically increases the gain of the FM receiver when the ambient noise level exceeds 57 dB SPL. When compared with performance with traditional fixed-gain FM systems, Dynamic FM provided similar, significant improvements in sentence recognition in noise (i.e., 30-60% improvements) for both groups of subjects when autosensitivity control (ASC), an input-processing parameter, was enabled for Cochlear users. However, the Cochlear group achieved significantly poorer sentence recognition in noise (i.e., ~ 0%) with both traditional, fixed gain and Dynamic FM systems when ASC was disabled.
Effect of Cochlear Implant Input Processing on Performance With FM Systems
Two parameters in the cochlear implant input processing may also significantly influence performance with an FM system: input dynamic range (IDR) and sensitivity of the sound-processor microphone. The IDR determines the range of acoustic inputs that are mapped into a recipient's electrical dynamic range (EDR), which is the range between electrical threshold and the electrical maximum comfort level. With a default IDR of 60 dB, Advanced Bionics sound processors use an automatic gain control to map acoustic inputs from approximately 25 to 85 dB SPL into the recipients EDR. Lower (i.e., <25 dB) and higher (i.e., >85 dB) inputs are inaudible and infinitely compressed (i.e., subjected to compression with a high compression ratio [compression ratio >10:1]), respectively. When using a personal FM system, the FM signal is delivered to the FM receiver at approximately 72 dB SPL; as a result, the FM signal is not subjected to infinite compression and may be enhanced with increased FM gain from programmable or Dynamic FM receivers.
Conversely, for the Cochlear processor, a distinction is made between two forms of input processing: (1) the IDR, the total range of acoustic inputs that are transmitted to the recipient's EDR without clipping or significant distortion and (2) the instantaneous input dynamic range (IIDR), the short-term, instantaneous fluctuations of speech and environmental sounds mapped within the EDR. With a default IDR and sensitivity settings of 40 dB and 12, respectively, Cochlear Nucleus 5 (CP810) processors (hereafter referred to as the Nucleus 5 sound processor) map acoustic inputs from approximately 25 to 65 dB SPL into the recipients EDR. Lower (i.e., <25 dB) and higher (i.e., >65 dB) inputs are inaudible or infinitely compressed, respectively.
Because the FM signal is typically delivered to the sound processor at 72 dB SPL, the FM signal is subjected to compression, resulting in an FM signal that is embedded in the ongoing ambient noise signal (i.e., effectively no separation between the FM signal and the competing noise signal from the sound-processor microphone). There is no enhancement from increased FM receiver gain because the increases in FM gain are nullified by the high compression ratio for inputs exceeding 65 dB SPL. The differences in IDR between Cochlear and Advanced Bionics devices explain the group differences in FM system performance detected in the study by Schafer et al. (2009) .
The second influential parameter, sensitivity, also affects how Cochlear sound processors map acoustic inputs into the EDR. The sensitivity control shifts theIIDR window up or down depending upon the setting of the control. An increase in the sensitivity setting shifts the IIDR window downward so that lower-level inputs (i.e., <25 dB SPL) are mapped into the EDR, but infinite compression occurs for signals below 65 dB SPL. Conversely, decreases in the microphone sensitivity setting shifts the IIDR upward so low-level sounds are presented below the electrical threshold, but high-level speech sounds are less likely to be subjected to infinite compression. Control of the sensitivity setting may be automated with the ASC input-processing option. ASC aims to adaptively adjust the sensitivity control to prevent infinite compression of high-level speech signals in noisy environments (i.e., sensitivity decreases when ambient noise >57 dB SPL) and therefore significantly improves speech recognition in noise and comfort for adults and children with cochlear implants relative to a fixed sensitivity setting ( Wolfe et al. , 2011 Gifford & Revit 2010) . As mentioned previously, ASC also results in significantly better speech recognition in noise with FM systems than FM performance with fixed sensitivity settings, which is directly related to the automatic reduction of the processor-sensitivity setting in noisy situations ).
In summary, there are many clinician-controlled parameters that may significantly influence performance with FM systems, which are implemented in the present study. Determining the most beneficial devices, using the optimal settings, and identifying any additional adjustable parameters that may influence performance is paramount for ensuring optimal performance with the cochlear implant-FM system interface.
Unknown Effects of the Type of FM Transmission and Signal Pathways
Two areas of research that may significantly influence performance with FM systems and have yet to be explored are the (1) effects of receiver coupling: electrical (directly coupled to the DAI port of the processor) versus electromagnetic coupling of FM receivers and (2) effects of the signal-processing pathway for the inputs from the processor and FM system. All the aforementioned research was conducted with personal FM systems that couple directly to cochlear implant sound processors via DAI (i.e., electrical connections) with an FM adaptor, FM earhook, or specialized receiver (Fig. 1A) . However, personal FM systems may also couple to contemporary cochlear implant sound processors using electromagnetic transmission of the FM signal with a neckloop FM receiver (Fig. 1B) . When using electromagnetic FM transmission, the user must have an active built-in telecoil in the sound processor. When using neckloop receivers, the receiver demodulates the signal and routes it through the neckloop. The neckloop emits an electromagnetic signal, which is captured by the sound-processor telecoil. Neckloop receivers may have some practical advantages over electrically coupled FM receivers, including (1) lower cost, especially for those with bilateral implants, (2) simpler connection, with no need for FM adaptors, and (3) accessible controls that may be visualized easily on the receiver. However, to date, there is no published evidence related to the use of neckloop FM receivers with contemporary cochlear implant sound processors. It should be noted that it is well understood that performance with electromagnetically coupled FM systems and hearing aids may not always be as good as performance with DAI-coupled FM systems (Bengtsson & Brunved 2000) . This advantage is presumably attributed to the more consistent signal and increased signal strength when using DAI-coupled systems.
In Cochlear devices, performance differences may exist between FM receivers that are electrically coupled versus those that are electromagnetically coupled because of the placement of ASC within the signal-processing pathways. As shown in Figure 2A , when using DAI FM receivers with the Freedom processor, ASC influences the input from the sound-processor microphone, but not the input from the DAI FM system. As a result, when using a DAI FM system in a noisy environment, the FM signal is presented at a higher level within the EDR relative to the processor-microphone signal ). In addition, because the SNR for the FM signal is typically much more favorable than what exists at the sound-processor microphone (i.e., proximity of the FM microphone to the talker's mouth and directional response of the FM microphone), the reduction in sensitivity provided by ASC to inputs at the sound-processor microphone should substantially improve recognition of the FM signal in most noisy environments. However, as shown in Figure  2B , electromagnetic coupling (i.e., neckloop) of FM receivers with the telecoil in the Freedom processor results in mixed FM and processor signals before the implementation of ASC. Unlike the Freedom processor, an early firmware version for the Nucleus 5 processor used identical signal processing for DAI and neckloop FM receiver signals (and other external inputs). This version of firmware was used in clinical software before the release of the FM adaptor, which is needed for DAI FM use. The early version of firmware was used in this study to determine the most appropriate signal-processing scheme for clinical use of FM systems coupled to the DAI port. In the earlier version of firmware for the Nucleus 5 processor, the FM and processor signals were mixed before the implementation of ASC (Fig. 2B ), similar to processing of neckloop receivers for the Freedom processor (e.g., telecoil inputs). The two different signal-processing pathways shown in Figure 2A and 2B may have substantial implications on speech-recognition performance with electrically coupled versus electromagnetically coupled FM receivers, but at this point, there is no research evidence related to these differences. Consequently, it is unknown whether neckloop FM receivers will provide similar speech understanding in noise for Cochlear Corporation users when compared with the use of DAI receivers. Also, it is possible that changes to the location of ASC within the signal-processing pathway via manufacturer firmware adjustments could significantly affect speech-recognition performance in noise with these two types of FM systems.
Study Objectives
In light of this discussion, the following experiments were conducted:
Experiment 1: Effects of standard ASC signal-processing pathways in the Nucleus Freedom and Nucleus 5 sound processors on speech recognition in quiet and noise obtained with DAI and neckloop FM systems.
Experiment 2: Effects of altered ASC signal-processing pathways in the Nucleus 5 sound processor on speech recognition in quiet and noise obtained with DAI and neckloop FM systems (see Fig. 3 and description of this signal-processing pathway in the Methods section of this article).
The results of this study were used to determine the version of signal processing that resulted in the best FM performance for Nucleus 5 users and also determine the ideal type of FM system for use with the Nucleus 5 system.
PARTICIPANTS AND METHODS
Participants
Participant demographic data are provided in Table 1 . The following inclusion criteria were used for the selection of participants for both experiments:
1. To complete the open-set speech-recognition tasks used in this study, all participants had to be at least 7 years of age or older. The average age of the subjects groups was 49 years, 3 months (SD = 4.3) with a range from 21 to 66 years. 2. All participants used their cochlear implants for at least 6 months and were satisfied with the functioning and performance of the implant. 3. Participants were unilateral or bilateral cochlear implant users. If unilateral implant recipients used a hearing aid on the contralateral ear, the hearing aid was removed during testing for this study. We did not allow use of the contralateral hearing aid for bimodal users because the hearing aids interact with personal FM systems in a different manner than cochlear implant sound processors. As a result, the influence of the hearing aid would have confounded interpretation of performance with the cochlear implant sound processors. Bilateral implant users were tested with the FM input delivered to both processors at the same time. 4. Participants achieved open-set speech recognition in quiet of at least 80% correct on Hearing in Noise Test (HINT; Nilsson et al. 1994 ) sentences or 40% correct on consonant-nucleus-consonant monosyllabic words. These criteria were chosen because participants with poorer speech-recognition scores are likely to have substantial difficulty with speech recognition in noise testing. In addition, similar criteria proved successful in previous cochlear implant-FM system research Wolfe et al. 2009 ). 5. All participants were able to read written instructions and complete questionnaires in English. 6. All participants in this study were postlingually deafened (i.e., lost hearing after the age of 4 years) and used spoken language as their only mode of communication.
As shown with a superscript in the first column of Table 1 , most adults participated in both experiments, but there was a minimum of 2 months between the two testing sessions. The total number of participants was 15 for Experiment 1 and 16 for Experiment 2. Previous experience with FM systems was not a prerequisite for study inclusion, but most participants had some FM system experience from previous studies.
Cochlear Implant Sound Processors
In both experiments, participants completed speech-recognition conditions in quiet and in noise with the Cochlear Nucleus Freedom and Nucleus 5 sound processors. All subjects had previously used the Nucleus Freedom processor but had transitioned to or were in the process of transitioning to the Nucleus 5 CP810 sound processor. For all conditions and experiments, Fig. 3 . Signal-processing pathway for the Nucleus 5 sound processor for direct audio input and telecoil input devices, such as frequency modulation systems. This figure describes the two-stage implementation of ASC, which was available in the firmware upgrade that was evaluated in Experiment 2 in this study. ASC, autosensitivity control the audio-mixing ratio and the telecoil-mixing ratio of the sound processors were set so that equal emphasis was placed on the signals from the FM system and speech-processor microphone (i.e., 1:1 accessory/telecoil mixing). ASC and adaptive dynamic range optimization (ADRO) input-processing options were enabled in the speech processors of all recipients. ADRO is a fast-acting input-processing scheme, which adaptively and constantly adjusts the gain in each of the channels of the sound processor based on three aspects of input signal: (1) the average input level, (2) the level of the background noise, and (3) the level of the most intense sounds. ADRO increases gain in channels that possess a favorable SNR or include low-level speech. Conversely, to normalize loudness and prevent discomfort, ADRO decreases gain in channels with high-intensity sounds. ADRO has been shown to improve the recognition of soft speech in quiet and provide little-to-no change in speech recognition in noise (James et al. 2002) . As a result, it is unlikely to significantly influence performance in noise with FM use. In addition, ADRO follows ASC in the signal-processing pathway. Because ASC has already adjusted the microphone sensitivity before the implementation of ADRO, the effect of ADRO on FM performance in noise is diminished. The IIDR was set to the default value of 40 dB. Table 2 outlines the order of processing for the signals from the processor microphone and the FM microphones. In Experiment 1, the standard one-stage input-processing settings were used for the Freedom and the Nucleus 5 processor (i.e., as described earlier and shown in Figs. 2A, B) , but the FM signals were processed differently for the two types of FM receivers with use of the Freedom processor (as described earlier). In Experiment 2, the standard input-processing schemes for the Freedom processor as described previously for use in Experiment 1 were once again used for assessment with the Freedom processor, but in the Nucleus 5 sound processor, speech recognition was assessed with a different input-processing scheme via changes to processor firmware by the manufacturer. With the new input-processing scheme, the signal from the sound-processor microphone was subjected to ASC before mixing. After mixing of the microphone and FM signals, ASC was then applied to the mixed signal (Fig. 3) . The first stage of this two-stage ASC signal-processing arrangement in the Nucleus 5 was expected to reduce the level of the noise at the processor microphone, and when combined with the FM signal, provide a favorable SNR for the FM signal (similar to that of the Freedom processor). The second stage of ASC was implemented to optimize the SNR of the mixed signal.
FM Systems
In both experiments, three FM receivers were used:
1. Phonak MyLink+ Dynamic FM induction neckloop FM receiver, which was used for assessment of the Nucleus Freedom and Nucleus 5 sound processors. The examiner ensured that both processors were manually set to the microphone + telecoil mode at a 1:1 telecoil-mixing ratio. 2. Phonak Freedom MicroLink FM receiver, which was directly connected to the DAI port of the Nucleus Freedom sound processor. A fixed receiver gain setting of +16 (manufacturer default) was used, which implies a +16 dB advantage for the FM signal over the processor signal. 3. Phonak MicroMLxS (i.e., "traditional FM") coupled via the Cochlear Nucleus 5 Euroadaptor, which were directly connected to the DAI port of the Nucleus 5 sound processor. A fixed receiver gain setting of +16 was used (manufacturer default), implying a +16 dB advantage for the FM signal over the processor signal.
It should be noted that the Phonak MyLink+ receiver is a Dynamic FM receiver (i.e., has an adaptive FM advantage), whereas the Phonak MicroMLxS and Freedom MicroLink FM receiver are both traditional, fixed-gain FM receivers. The Dynamic FM is adaptive and automatically increases the gain setting with increases in input noise level. When the noise level is below 57 dB SPL the receiver gain of the MyLink was +10 dB (i.e., in quiet conditions), but as noise increased, the receiver gain increased in a graded manner up to a gain setting of +24 dB (i.e., ambient noise levels approximating 75 dB SPL). Similar performance was expected for the Phonak MicroMLxS and Freedom MicroLink FM receivers as the only difference between these two receivers was the method of coupling them to the processor (i.e., adaptor for MicroMLxS and built-in battery pack/FM for Freedom FM). Dynamic FM DAI-coupled receivers were not available for the Nucleus Freedom or Nucleus 5 sound processor at the time of the study (technically, the MLxi Dynamic FM receiver was available at the time of the study, but the early version of the Nucleus 5 processor was not compatible with the MLxi). In contrast, the MyLink+ Dynamic FM neckloop was the only induction neckloop Phonak made commercially available at the time of the study (i.e., the non-Dynamic MyLink was rendered obsolete and was no longer available). Wolfe et al. (2009) previously found better speech recognition in noise with Dynamic FM relative to fixed-gain FM, but performance in that study was not measured with a neckloop receiver. As a result, the potential benefit of Dynamic FM in neckloop systems was unknown. The Phonak ZoomLink+ Dynamic FM transmitter, with transmission channel 9 (216.2125 MHz) was used with all three FM receivers. The microphone mode of the transmitter was set to the "zoom" mode, which possesses a hypercardioid directional pattern and is recommended when a talker of interest wears the transmitter in a noisy environment (e.g., a teacher wearing the transmitter in the classroom).
Stimuli and Equipment
Testing for both experiments was conducted in the same 13 in ´22 in ´8 in classroom (Fig. 4) with an ambient noise level of 44 dBA as determined with a Type 1 sound level meter. During both experiments, speech recognition in quiet and in noise was assessed using two randomly selected lists of HINT sentences scored for number of words repeated correctly. Some sentence lists were used in both Experiment 1 and Experiment 2; however, no sentence list was repeated during the same experiment. Furthermore, when a list was repeated for Experiment 2, a different pair of lists was used. As mentioned in the Participants and Methods section, there was a minimum of 2 months between testing sessions for Experiments 1 and 2; therefore, learning effects were not anticipated. Correlated four-classroom noise (Schafer & Thibodeau 2006) , which has a difference of 2.95 dB between the minimum and maximum root-mean-square values, served as the competing noise signal.
During both experiments, the HINT sentences were presented from a Dell Latitude D-520 laptop computer with a SigmaTel High Definition Audio CODEC sound card and a Creative Labs SBS270 loudspeaker with a built-in amplifier. The sentences were presented at 85 dBA at the location of the FM transmitter microphone and 65 dBA at the location of the subject. The competing noise signal was generated by a Sony DVD-S1S CD player, amplified by a Radio Shack 250 Watt PA amplifier, and presented from four KLH B-Pro6 Titan Series loudspeakers positioned in the four corners of the room.
Sentences were presented from a loudspeaker that was located 19 ft from the subject at 0-degree azimuth; four-classroom noise at 65 or 75 dBA at the location of the participant's head and at the location of the microphone of the FM was presented from four loudspeakers located in the corners of the Fig. 2A) ASC to processor mic before mixing with FM ( Fig. 3 ) Nucleus 5
Telecoil FM signal mixed with processor mic before ASC (Fig. 2B) ASC to processor mic before mixing with FM; ASC to mixed signal (Fig. 3) 
Nucleus 5
Direct Audio Input FM signal mixed with processor mic before ASC (Fig. 2B) ASC to processor mic before mixing with FM; ASC to mixed signal (Fig. 3) ASC, autosensitivity control; FM, frequency modulation; mic, microphone. room. The rationale for this loudspeaker arrangement was to simulate listening in a noisy environment at a distance from the talker of interest (i.e., typical classroom environments). During testing, the microphone of the FM transmitter was positioned on a stand that was 6 in from the center of the single-coned loudspeaker used to present the sentences.
Procedures
The procedures for the two experiments were identical. As described in the Participants and Methods section, the only difference between the two experiments was the ASC signalprocessing paradigm used in the Nucleus 5 sound processor for Experiment 2. In particular, when testing the Nucleus 5 sound processor, the single-stage ASC approach described in Figure 2B and Table 2 was used in Experiment 1, whereas the two-stage ASC approach described in Figure 3 and Table 2 was used in Experiment 2.
At the beginning of each experiment, functioning of the FM systems was verified using an informal listening check. During this check, the examiner spoke softly into the FM microphone and asked the participant several informal questions to ensure that the signal from the FM system was delivered to the participant's sound processor. This was done at a distance at which it would have been improbable for the implant user to understand the examiner if the FM system had not been functioning appropriately.
For each experiment, open-set sentence recognition was assessed with two randomly selected 10-sentence HINT lists in a total of 12 conditions. For each of the following conditions, speech recognition was conducted in quiet, in noise at 65 dBA, and in noise at 75 dBA: The participants were asked to repeat what they heard, and two researchers recorded participant responses to ensure reliable scoring. For both experiments, the order of the abovementioned conditions and the environment (i.e., quiet versus noise) was randomized. Although the signal processing for the Freedom processor conditions was the same for both experiments, sentence recognition was assessed with both the Freedom and Nucleus 5 processors during each experiment.
RESULTS
Experiment 1: Effects of standard ASC signal-processing pathways in the Nucleus Freedom and Nucleus 5 sound processors (see Fig. 2A for an illustration of the signal-processing pathway for the Freedom DAI condition and Fig. 2B for an illustration of the signal-processing pathway for the Freedom telecoil and Nucleus 5 telecoil and DAI conditions used for Experiment 1) on speech recognition in quiet and in noise obtained with DAI and neckloop FM systems.
The average speech-recognition scores in quiet and in noise are shown in Figures 5, 6 , respectively. For the quiet conditions, a within-subjects, two-way repeated-measures analysis of variance (ANOVA) of the main effects with the Tukey-Kramer multiple-comparisons test, scores with the Freedom processor were significantly better than those with the Nucleus 5 processor; performance with the DAI FM receiver was significantly better than that with the neckloop receiver, and speech recognition was significantly better with the noise at 65 dBA versus speech recognition at 75 dBA. The most noteworthy comparisons for the two-way interaction effects showed that the use of the Freedom processor with the MicroLink FM was significantly better than any other processor-FM combination. Overall, performance was poor with both types of FM systems coupled to the Nucleus 5 sound processor with the version of signal-processing pathway used in Experiment 1 (Fig. 2B ). Experiment 2: Effects of altered ASC signal-processing pathways in the Nucleus 5 sound processor on speech recognition in quiet and noise obtained with DAI and neckloop FM systems.
In this experiment, the Freedom processor had the same signal-processing pathways as used in Experiment 1; however, firmware changes for the Nucleus 5 processors resulted in altered signal processing. As described in Table 2 and Figure 3 , the signal from the sound-processor microphone was subjected to ASC before mixing, and ASC was applied again to the mixed signal.
The average speech-recognition scores in quiet and in noise are shown in Figures 7 and 8 , respectively. As in Experiment 1, the quiet conditions were analyzed using a within-subject, twoway repeated-measures ANOVA with main effects of the type of sound processor and the type of FM system. Similar to the results in Experiment 1, there were no significant main effects of processor (F[1, 60] = 1.6, > 0.05) or type of FM system (F[1, 60] = 0.08, p > 0.05), suggesting no effects of the different signal-processing pathways for the two types of processors and FM systems for speech recognition in quiet conditions.
The noise conditions were analyzed with a within-subject, three-way repeated measures ANOVA to analyze the main effects of sound processor, type of FM system, and noise level. The analysis showed significant main effects of processor (F[1, 120] = 35.3, p < 0.0001), type of FM system (F[1, 120] = 35.1, p < 0.0001), and noise level (F[1, 120] = 80.0, p < 0.00001). Significant two-factor interaction effects were detected between sound processor and type of FM system (F[1, 120] = 5.8, p < 0.05) and type of FM system and noise level (F[1, 120] = 7.5, p < 0.05). Post hoc analyses of the main effects with the Tukey-Kramer multiple-comparisons test revealed that scores obtained with the Nucleus 5 processor were significantly better than scores obtained with the Freedom processor, performance with use of the DAI FM receiver was significantly better than that with use of the neckloop receiver, and speech recognition was significantly better with the noise set at 65 dBA versus that with noise set at 75 dBA. Again, one of the most noteworthy post hoc analysis of two-way interaction effects was between type of processor and type of FM system. Unlike the findings in Experiment 1, this analysis showed that performance with the Freedom with the MyLink was significantly poorer than performance with any other processor-FM combination, with no other significant differences. After the firmware upgrade before Experiment 2, performance with the Nucleus 5 processor showed substantial improvement with either type of FM system. In addition, use of neckloop and DAI FM systems provided similar speech recognition in noise when using the Nucleus 5 processor, but not when using the Freedom processor. Another noteworthy post hoc analysis of two-way interactions was between noise level and type of sound processor. This analysis revealed that at both noise levels (i.e., 65 and 75 dBA), speech recognition in noise with the Nucleus 5 sound processor and both types of FM systems was significantly better than performance with the Freedom sound processor and both types of FM systems.
To confirm that speech recognition in noise with the Nucleus 5 in Experiment 2 with two-stage processing was significantly better than performance in Experiment 1 with the one-stage processing, four t tests were conducted to compare performance in each separate noise condition. In other words, performance in each separate Nucleus 5 condition from Experiment 1 was compared statistically with performance in the identical condition in Experiment 2. Only the 14 subjects who participated in both experiments were included in this analysis. The analyses confirmed significantly better performance with the two-stage processing in the Nucleus 5 (Fig. 3) as compared with the onestage processing (Fig. 2B) 
DISCUSSION
The overall goal of this study was to determine whether there were differences in speech-recognition performance in quiet and in noise with two types of FM systems and two cochlear implant sound processors with varying ASC signal-processing pathways.
Speech Recognition in Quiet
For both Experiment 1 and Experiment 2, there were no differences in speech recognition in quiet with the various types of processing applied to the FM signal at the input of the sound processor. This was true regardless of the type of processor (Freedom versus Nucleus 5) or type of FM system (neckloop versus DAI). This finding is not surprising given previous research that showed no significant differences in speech recognition in quiet scores across several sound processors with various input-processing parameters (Spahr et al. 2007; Wolfe et al. 2009; Gifford & Revitt 2010) . Also similar to previous studies, sentence recognition in quiet of the post lingually deafened adult cochlear implant users in this study approached ceiling (i.e., 100% correct). As a result, it is possible that the speech-recognition material used in this study may have not been sensitive enough to detect subtle performance differences in quiet, which may have existed between technologies.
Speech Recognition in Noise
In contrast to the results in quiet, the various implementations of input processing used in this study possessed substantially different effects on speech recognition in noise. In Experiment 1, with the standard ASC signal-processing pathways, the Freedom processor and DAI FM receiver seemed to provide superior speech recognition in noise, whereas performance with the Freedom processor with neckloop and Nucleus 5 processor with either type of FM system was significantly poorer. These findings are directly related to the location of the ASC within the signal-processing pathways of the sound processors.
For the Freedom processor, the signal from the soundprocessor microphone is subjected to ASC, whereas the signal from the DAI FM receiver is not ( Fig. 2A) . As a result, ASC reduced the signal from the sound-processor microphone, which had a relatively poor SNR, and maintained the intensity of the signal from the DAI FM receiver, which had a more favorable SNR. The favorable SNR at the FM microphone is attributed to the location of the microphone relative to the talker's mouth (i.e., 3-6 in) and to the directionality of the FM microphone (i.e., hypercardioid pattern).
However, when using a neckloop FM receiver with the Freedom or a Nucleus 5 processor with either of the FM systems, the signals from the FM and sound-processor microphones were mixed before the provision of ASC processing (Fig. 2B) . Once these signals were mixed, the ASC reduced the intensity of the combined signals by the same degree, with the magnitude of the reduction directly related to the poorer SNR and higher noise level at the sound-processor microphone. As a result, the positive SNR from the FM system is eliminated by the significant compression from the ASC. Overall, these results show that it is undesirable to mix the two signals before the implementation of ASC because it will significantly effect the potential benefit from neckloop or DAI FM systems.
Given the negative findings with the latter ASC signalprocessing paradigm, the goal of Experiment 2 was to examine how changes to the standard processing may influence performance with FM systems for users of Nucleus 5 processors. The manufacturer firmware upgrade altered the location and implementation of ASC within the signal-processing pathway. With this alternative approach, ASC first influenced the signal from the sound-processor microphone in an attempt to optimize the SNR for that signal. Because of the presence of high-level noise and the adverse SNR, the sound-processor microphone sensitivity was automatically adjusted in an attempt to optimize the SNR for sounds arriving at the sound-processor microphone. After this step, the ASC-processed signal from the sound processor was mixed with the FM signal (which possessed a more favorable SNR because of the proximity of the FM microphone to the signal source and the directional attenuation provided by the FM microphone) and then subjected to ASC again. This additional provision of ASC to the mixed signal is intended to optimize the SNR for the combined FM/sound-processor microphone inputs and address cases where high-level noise and adverse SNRs are present at the location of the FM microphone. In theory, this approach is intended to optimize speech recognition in noise for signals arriving at the sound-processor microphone, as was shown to be the case in the study by Wolfe et al. (2009) study, while also optimizing speech recognition in noise for FM inputs. For example, the provision of ASC to the microphone signal would theoretically optimize the ability of a student using a cochlear implant to hear his peers in a classroom, whereas the second stage of ASC for the FM input would also optimize the student's ability to hear the teacher's voice from the FM system.
The beneficial effect of ASC on speech recognition in noise for inputs at the sound-processor microphone are well supported by previous research Gifford & Revitt 2010; Wolfe et al. 2011 ). The results of Experiment 2 in this study directly support the second implementation of ASC or the two-stage approach for use of FM systems with the Nucleus 5 sound processor. Specifically, performance with the Nucleus 5 and either type of FM system was equivalent to or better than performance with the Freedom with the DAI FM system whereas performance with the Freedom processor and the neckloop FM system was significantly poorer than that in any other condition. According to the statistical analyses done to compare the results of Experiments 1 and 2 for the Nucleus 5, the two-stage processing is superior to results with one-stage ASC processing at the 65 and 75 dBA noise level (p < 0.01). In addition, the within-subject design allows for direct comparison of one-stage versus two-stage ASC processing in Experiment 2 by comparing processor performance. At both 65 and 75 dBA, the FM system performance with the Nucleus 5 processor was significantly better than the that with the Freedom processor. With the exception of the Freedom-neckloop condition, the primary difference between these two processors is the one-stage versus the two-stage ASC-processing protocol. Of note, the two-stage implementation of ASC (Fig. 3) is now used clinically for Nucleus 5 sound processors.
One might argue that it is invalid to conclude that the change in ASC input processing was responsible for the improvement observed in speech recognition in noise in Experiment 2 because the comparison between processing schemes was made across two different types of sound processors. However, in Experiment 2, there is a substantially large difference in average performance across the two FM receiver conditions in noise for the Nucleus 5 (63% correct at 75 dBA) and Freedom (39% correct at 75 dBA) sound processors. The condition difference of 24% found in the present study is much larger than processor differences found in a multicenter study comparing speech recognition in noise when ASC and ADRO were enabled (Wolfe et al. 2012 ). In the study by Wolfe et al. (2012) , an average difference of less than 0.8 dB in SNR improvement was found between the two processors, which is assumed to be equivalent to approximately 5% for percent correct scoring of speech recognition in noise (Nilsson et al. 2004 ).
Another important finding, which was duplicated in both experiments of this study, is the superiority of the DAI FM receiver over the neckloop FM system for the Freedom implant. As described previously, this finding is related to the location of ASC processing. In Experiment 2, however, with the identical processing for the neckloop and DAI FM systems in the Nucleus 5, no significant differences were detected. The similarity is obvious at the 65 dBA noise level with a 9% difference between the two types of receivers; however, there is a larger, yet nonsignificant, difference of 19% at the 75 dBA noise level. The lack of significance is likely to be partly because of the large variability in percent correct speech-recognition scores in noise across participants. It is possible that an adaptive-testing paradigm may have yielded significant differences between the neckloop and DAI receiver at high noise levels. In contrast, the starting gain setting for the DAI receiver (+16 dB) was higher than the starting gain setting of the induction neckloop receiver. Additional research is needed to determine whether performance with a neckloop FM system might improve with increases in the starting gain setting.
There are advantages and disadvantages to each type of FM system. For example, the DAI receivers provide the most direct connection to the sound processor, but when FM input is provided to two ears, as recommended by professional guidelines (American Academy of Audiology 2008), a user is required to purchase two FM receivers. The user may also be required to purchase special adaptors or earhooks to connect the FM receiver to the sound processor(s). Conversely, when binaural FM system input is desired, one neckloop receiver may work with the two cochlear implants or with the bimodal arrangement (hearing aid + cochlear implant), making this a more cost-effective option. A neckloop receiver does not require specialized adaptors, and the neckloop creates some distance between the FM receiver and the radio frequency transmitting coil of the sound processor, which may reduce transmission noise. It should be noted that none of the subjects in this study complained of FM transmission noise when the directly coupled receiver was used with the Nucleus 5 sound processor-a fact that may be attributed to improvements in radio frequency shielding present in the transmitting cable and coil of the Nucleus 5 sound processor relative to the Freedom sound processor. A neckloop system, however, may be negatively influenced by user head movement or telecoil position and strength in the sound processor. Of note is the fact that the telecoil of the Nucleus 5 sound processor is oriented for optimal-reception telephone signals, and as a result, the reception of signals from a neckloop system may suffer to some extent.
All measures in this study were completed while the sound processor was set to a 1:1 mixing ratio, which provides equal emphasis for the FM and sound-processor microphone inputs. The authors contend that the 1:1 mixing ratio is most appropriate for school-aged children, because previous research has shown it does not attenuate the sound-processor microphone signal and subsequently allows for optimal access to incidental sounds in the child's environment (e.g., peers in a classroom, incidental conversations, etc.; . However, previous research does suggest that when the FM signal is the only signal of interest and the user does not want or need to hear incidental sounds, then mixing ratios that attenuate the signal from the sound-processor microphone will allow for even better speech recognition in noise (Wolfe & Schafer 2010) . Older children and adults may benefit from using the remote control of the Nucleus 5 system to switch to alternative mixing ratios in challenging listening situations, in which the FM signal is the only signal of interest.
Study Limitations
Limitations of this study relate to the sample size, sample demographics, and relatedness to other cochlear implant manufacturers. First, a sample size of only 15 and 16 participants was used in Experiment 1 and 2, respectively. Fourteen of the subjects participated in both studies. Although this is a fairly small sample size, it seems that it was adequate for obtaining the significant results in the present study. It is possible that a larger sample size may have yielded larger differences between types of FM receivers.
Second, both unilateral and bilateral cochlear implant recipients were included in this study. This demographic was used to provide a representation of the cochlear implant population at large, which includes both unilaterally and bilaterally implanted recipients. It is unlikely that many of the bilateral benefits typically enjoyed by bilaterally implanted recipients were available to bilaterally implanted subjects in this study. Spatial release of masking from the head shadow effect is the primary component responsible for improvement in noise observed for many bilateral recipients when speech and noise sources are presented from different locations. Because the FM signal originated from a single location (e.g., the FM microphone) and was simultaneously delivered to both cochlear implant processors via FM, the spatial cues would be reduced or entirely eliminated. No direct comparisons were made between unilateral and bilateral users as this was not an objective of this study and no measures were taken to match these participants according to demographic characteristics.
It should be noted that the results of this study should only be applied to Nucleus sound processors. Philosophies underlying input processing, such as input dynamic range, type of automatic gain control compression, mixing ratios, etc., are varied across cochlear implant manufacturers. It is important to note that previous reports have designated differences in input processing to be the cause for marked differences in performance both with and without FM for groups with cochlear implants of different manufacturers (Spahr et al. 2007; Wolfe et al. 2009; Gifford & Revitt 2010) . Indeed, ASC, which was shown to be a critical factor determining performance in this study, is only available in Nucleus processors. Additional research is needed to understand how signal processing within the contemporary cochlear implant systems of various manufacturers influences performance with personal FM systems. Furthermore, additional research may also explore the effects of various mixing ratios on performance with contemporary sound processors, signal processing, and FM systems.
CONCLUSIONS
1. The various forms of input processing evaluated in this study did not affect FM performance in quiet. 2. The implementation of ASC during input processing significantly affects FM performance in noise. 3. For the Freedom processor, DAI FM systems provide superior speech recognition in noise relative to performance obtained with neckloop FM systems. This finding is related to signal-processing pathways for ASC. 4. A significant improvement in FM performance in noise obtained with the Nucleus 5 sound processor was obtained with the use of a two-stage ASC approach in which (1) ASC was pro vided to the microphone signal before mixing of the microphone and (2) ASC was provided to the mixed signal.
